
US006842452B1 

(12> Ulllted States Patent (16) Patent N6.= US 6,842,452 B1 
Muller (45) Date of Patent: Jan. 11, 2005 

(54) METHOD FOR SWITCHING DATA 6,463,053 131 * 10/2002 Chen ........................ .. 370/352 
STREAMS 6,606,668 B1 * 8/2003 MeLampy et al. ........ .. 709/241 

6,636,504 B1 * 10/2003 Albers et al. ............. .. 370/352 

(75) Inventor; Nimrod Muller, Migdal Tefen (IL) 6,671,272 B2 * 12/2003 VaZiri et al. .............. .. 370/352 
6,687,360 B2 * 2/2004 Kung et al. .......... .. 379/211.02 

(73) Assignee: Intel Corporation, Santa Clara, CA 
(Us) * cited by examiner 

( * ) Notice: Subject to any disclaimer, the term of this 
patent is extended or adjusted under 35 Primary Examiner—Douglas Olms 
U.S.C. 154(b) by 646 days. Assistant Examiner—Ricardo M. Pizarro 

(74) Attorney, Agent, or Firm—Alan Pederson-Giles 

(21) Appl. No.: 09/712,185 (57) ABSTRACT 

(22) Flled: NOV‘ 15’ 2000 A method of placing a ?rst call to a designated number to 
(51) Int. Cl.7 .............................................. .. H04L 12/28 retrieve a voice message over a packet switched network. 

(52) US. Cl. ...................................... .. 370/389; 370/390 The veiee message is retrieved from a computer and a 
(58) Field Of Search ............................... .. 370/259, 260, Speei?e Code is entered to prompt the eernputer te eall an 

370/261, 262, 263, 264, 270, 356, 390, originator of the retrieved voice message. A second call is 
400, 396, 701, 352, 397, 401, 265, 389; placed, via the computer, to the originator of the retrieved 

709/241, 238 voice message. The call information of a packet carrying 
voice information of the ?rst call is changed to correspond 

(56) References Cited With call information of the second call When the packet is 
sent from the ?rst call to the second call. 

U.S. PATENT DOCUMENTS 

6,404,746 B1 * 6/2002 Cave et al. ............... .. 370/262 26 Claims, 5 Drawing Sheets 

P500 

PACK CHANGE CALL 
SENT OVER INFORMATION OF 

P502 1ST CALL To 2ND CALL TO CORRESPOND P506 
2ND CALL TO CALL INFORMATION 

OF FIRST CALL 

CHANGE CALL INFORM ATION 
P504 OF 1ST CALL TO CORRESPOND 

TO CALL INFORMATION 
OF 2ND CALL 

I PLACE VOICE PACKET 
ON OUTGOING SOCKET P503 

FOR 2ND CALL 
PLACE VOICE PACKET 

P510 ON OUTGOING SOCKET 
FOR 1ST CALL 

P512 



U.S. Patent Jan. 11,2005 Sheet 1 0f 5 US 6,842,452 B1 

'11 
ind 

m: [5:3 023 
D 

5 v: 

F .OI a wmzbm 20o 

/ 

a x23 2929232200 
m9 

NE 



U.S. Patent Jan. 11, 2005 Sheet 2 0f 5 

PLACE 
FIRST CALL 

' l 
REITRIEVE 

VOICE M ESSAGE 

i 
ENTER 

SPECIFIC CODE 

l 
PLACE SECOND 

CALL 

l 
CHANGE 

CALL \NFORMATION 

FIG. 2 

P200 

P202 

P204 

P206 

P208 

US 6,842,452 B1 



U.S. Patent Jan. 11,2005 Sheet 3 0f 5 US 6,842,452 B1 

110 
(J 

302 303 
{J [J 

VOICE 
RECEIVER MESSAGE 

STORAGE 

303 304 
,_/ F/ 

LISTENING PLAYER 
PORTION 

‘__J L____ 

HOLDER 

F/ 
303 307 310 

r_/ f_/ 
SWITCHING 
PORTION RELEASER 

FIG. 3 



U.S. Patent Jan. 11,2005 Sheet 4 0f 5 US 6,842,452 B1 

II I II 

_------—----—-------_---_-_-____---- 

----------------------------------- -- 402 

DESTINATION ADDRESS "v 

IIIIFIIIIIIII’IIIIIIIIIIIIIIIIIITIIII1 

SEQUENCE NUM BER 

TIME STAMP 

SYNCHRONIZATION SOURCE (SSRC) IDENTIFIER ,g?o“ 

CONTRIBUTING SOURCE (CSRC) IDENTIFIERS 

FIG. 4B 



U.S. Patent Jan. 11,2005 Sheet 5 0f 5 US 6,842,452 B1 

P500 

CHANGE CALL 
INFORMATION OF 

2ND CALL To CORRESPOND P506 
TO CALL INFORMATION 

PACK 
SENT OVER 
1ST CALL TO 
2ND CALL 

P502 

OF FIRsT CALL 

CHANGE CALL INFORMATION 
P504 OF 1ST CALL TO CORRESPOND 

TO CALL INFORM ATION 
OF 2ND CALL ' 

I PLACE VOICE PACKET 
ON OUTGOING SOCKET P503 

FOR 2ND CALL 
PLACE VOICE PACKET 

P510 ON OUTGOING SOCKET 
FOR 1ST CALL 

FIG. 5 



US 6,842,452 B1 
1 

METHOD FOR SWITCHING DATA 
STREAMS 

BACKGROUND OF THE INVENTION 

1. Copyright Notice 
This patent document contains information subject to 

copyright protection. The copyright oWner has no objection 
to the facsimile reproduction by anyone of the patent docu 
ment or the patent, as it appears in the US. Patent and 
Trademark Of?ce ?les or records but otherWise reserves all 
copyright rights Whatsoever. 

2. Field of the Invention 

The present invention, in certain respects, relates to 
Internet Protocol telephony. In other respects, the present 
invention relates to a method of bridging Internet Protocol 
based voice calls. 

3. Description of Background Information 
Voice, fax and other forms of information have tradition 

ally been carried over dedicated circuit-sWitched connec 
tions of a public sWitched telephone netWork (PSTN). 
Circuit-sWitched calls use pulse code modulation (PCM) to 
transmit analog data over the PSTN in digital form. 

In order to make a voice call over an IP netWork, the PCM 
data of the PSTN has to be encoded to a packet form. One 
method that a user may use to communicate in a voice call 
over an IP netWork is to place a call over the PSTN. The 
PCM data Would be encoded to one or more packets via a 
gateWay device and sent over a packet sWitched netWork. A 
netWorked server Would receive the packet encoded voice 
signals of the user from the gateway device. In this manner, 
a user may call a designated number to reach the netWorked 
server to receive voice mail messages. The user may decide 
to call the person Who left the message While listening to the 
voice message. This could be accomplished by the user 
entering a special code; thus, causing the server to make a 
second call to the person Who left the voice message. 
HoWever, in order for the user on the ?rst call and the user 
on the second call to communicate With each other, the 
server must bridge the tWo calls. To bridge the calls, the 
server decompresses the encoded voice signal from the ?rst 
call user. The voice signal is converted back to PCM format 
and then sWitched over a time division multiplexing (TDM) 
bus that carries PCM data. The data from the TDM bus is 
then compressed and encoded back to packet form and 
transmitted over the netWork to the second call user. Similar 
to the actions used to transmit the voice signal of the ?rst 
user call, the server must decompress the voice signal from 
the second call user. The decompressed voice signal of the 
second caller is sWitched over a TDM bus, and then encoded 
back into a packet form to be transmitted to the ?rst caller. 

Using this process to bridge voice calls, it is necessary to 
encode and decode the voice data tWice for each IP call, 
Which results in increased latency in the netWork. What is 
needed is an ef?cient and effective Way to bridge voice 
stream data over a netWork With a minimum latency. 

DESCRIPTION OF THE DRAWINGS 

The present invention is further described in the detailed 
description Which folloWs, by reference to the noted draW 
ings by Way of non-limiting exemplary embodiments, in 
Which like reference numerals represent similar parts 
throughout the several vieWs of the draWings, and Wherein: 

FIG. 1 illustrates an embodiment of the present invention; 
FIG. 2 is a How diagram explaining the operation of an 

embodiment of the present invention; 
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2 
FIG. 3 illustrates an embodiment of the present invention 

in Which a computer arrangement is shoWn; 
FIG. 4 illustrates protocol header ?elds described in an 

embodiment of the present invention; and 
FIG. 5 explains a sWitching portion in an embodiment of 

the present invention. 

DETAILED DESCRIPTION 

Various applications of the present invention may, for 
example, include voice message and voice message 
retrieval. FIG. 1 is a diagram illustrating an embodiment 100 
of a netWorked system of the present invention. The illus 
trated embodiment 100 includes a ?rst call from a source 
102 to a designated number of a gateWay 106 via a public 
sWitched telephone netWork (PSTN) 104 to retrieve a stored 
voice message. The call to the designated number Would 
pass through a local gateWay 106, for example, a Cisco® 
5300 gateWay, manufactured by Cisco Systems®, to be 
converted from PSTN format to a packet sWitched protocol 
such as an real-time transfer protocol (RTP). RTP is based 
upon the protocols Internet protocol (IP) and User Datagram 
Protocol (UDP). Once converted to an IP, the ?rst call is 
directed, via a communications link 108, to computer 110. 
Computer 110 receives the ?rst call to alloW the user to 
retrieve the stored voice message. During the playback of 
the voice message, the user has the option of calling the 
originator of the retrieved voice message. When this option 
is elected, computer 110 places the ?rst call in a hold status 
to place a second call to the originator of the retrieved voice 
message 116 via a gateWay 112. Once computer 110 dials the 
number of the originator of the retrieved voice message 116, 
computer 110 bridges the ?rst call and second call together. 

FIG. 2 is a How diagram to explain the operation of an 
embodiment of the present invention. At P200 a designated 
number is dialed to place a ?rst call to retrieve a stored voice 
message over a packet sWitched netWork from computer 
110. The ?rst call, Which includes pulse code modulation 
(PCM) continuous speech data, may be converted from a 
circuit sWitched connection on the public sWitched tele 
phone netWork to encoded packets using the real-time 
transport protocol (RTP). RTP provides end-to-end netWork 
transport functions suitable for applications that transmit 
real-time data, such as audio, video or simulation data, over 
multicast or unicast netWork services. RTP is designed to be 
independent of the underlying transport and netWork layers. 
At P202 a stored voice message is retrieved from com 

puter 110. The stored voice message is sent and played over 
the ?rst call to the source of the ?rst call 102. During the 
playback of the retrieved voice message, a call to the 
originator of the retrieved voice message may be placed. 
At P204 a speci?c code is entered by the user at the source 

102 to prompt computer 110 to place a second call to the 
originator of the retrieved voice message 116. The speci?c 
code includes dual tone multi-frequency (DTMF) signals. At 
P206 a second call is placed to the originator of the retrieved 
voice message 116, via computer 110, in response to the 
DTMF signals entered by the user. 
At P208 call information of a packet carrying voice 

information from the source of the ?rst call 102 is changed 
to correspond With call information of the second call to the 
originator 116 When the packet is sent over the ?rst call to 
the second call. When a packet is sent over the second call 
to ?rst call, the call information of the packet carrying voice 
information from the second call is changed to correspond to 
call information of the ?rst call. The call information may 
include a destination address, as a part of an IP header, and 
a synchroniZation source identi?er, as a part of a RTP header. 
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FIG. 3 illustrates an embodiment of the present invention 
in Which a computer arrangement is shown. Computer 110 
includes a receiver 302, a voice message storage 303, a 
player 304, a listening portion 306, a holder 307, a sWitching 
portion 308, and a releaser 310. Receiver 302 receives, via 
a communications link 108, encoded packets of the ?rst call 
to retrieve a voice message stored at computer 110. Player 
304 plays the retrieved message from voice message storage 
303 over the ?rst call. While the retrieved voice messages 
are played at player 304, listening portion 306 listens for a 
speci?c code that may be entered by a user over the ?rst call. 
The speci?c code may include dual tone multi-frequency 
(DTMF) signals that may be entered by a user to prompt 
computer 110 to initiate a second call to an originator of a 
retrieved voice message 116 or terminate the second call and 
return to a retrieved message. Holder 307 places the ?rst call 
in a temporary hold status in response to the speci?c code 
entered by the user to initiate the second call 116 from the 
computer 110 to the originator of the voice message. The 
hold status is maintained until the ?rst call and second call 
are bridged. 

SWitching portion 308 is con?gured to change call infor 
mation of a packet carrying voice information from the 
source of the ?rst call 102 to correspond With call informa 
tion of the second call to the originator 116 When the packet 
is sent over the ?rst call to the second call. SWitching portion 
308 may be con?gured to also change call information of a 
packet carrying voice information from the originator of the 
second call 116 to correspond With call information of the 
source of the ?rst call 102 When the packet is sent over the 
second call to the ?rst call. The packet may be sent over the 
packet sWitched netWork using a protocol such as real-time 
transport protocol (RTP). 

Releaser 310 releases the bridge betWeen the ?rst call and 
second call When listening portion 306 detects DTMF sig 
nals that indicate that the user has selected an option to 
terminate the second call and return to a retrieved message. 

FIG. 4 illustrates protocol header ?elds described in an 
embodiment of the present invention. The call information 
that is changed in sWitching portion 308 includes, for 
eXample, a destination address 402 and a synchroniZation 
source (SSRC) identi?er 404. The packets that are sent over 
the packet sWitched netWork use the RTP protocol. In FIG. 
4(a), the packets are sent directly from the ?rst call to the 
second call by changing the destination address 402 in an IP 
header, and modifying the SSRC identi?er 404 in the RTP 
header, as shoWn in FIG. 4(b), to correspond to the SSRC of 
the second call. The packets may also be sent directly from 
second call to ?rst call by changing the destination address 
402 in an IP header, and modifying the SSRC identi?er 404 
in the RTP header to correspond to the SSRC of the ?rst call. 

FIG. 5 eXplains the sWitching portion 308 in an embodi 
ment of the present invention. At P500 a packet carrying 
voice information is present at sWitching portion 308. At 
P502, it is determined Whether the packet carrying voice 
information has been sent over the ?rst call to the second 
call. If the packet has been sent over the ?rst call to the 
second call, then at P504, sWitching portion 308 Will change 
the call information of the packet carrying voice information 
from the source of the ?rst call 102 to correspond With call 
information of the second call to the originator 116. At P510, 
the voice packet is placed on an outgoing socket for the ?rst 
call to send to the second call. 

At P506, if the packet has not been sent over the ?rst call 
to the second call, and instead has been sent over the second 
call to the ?rst call, then sWitching portion 308 Will change 
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4 
the call information of the packet carrying voice information 
from the originator of the second call 116 to correspond to 
call information to the source of the ?rst call 102. At P508, 
the voice packet is placed on an outgoing socket for the 
second call to send to the ?rst call. At P512, the bridging is 
complete and the source of the ?rst call 102 and the 
originator of the retrieved voice message 116 can commu 
nicate With each other. 

While the invention has been described With reference to 
certain illustrated embodiments, the Words that have been 
used herein are Words of description, rather than Words of 
limitation. Changes may be made, Within the purvieW of the 
appended claims, Without departing from the scope and 
spirit of the invention in its aspects. Although the invention 
has been described herein With reference to particular 
structures, acts, and materials, the invention is not to be 
limited to the particulars disclosed, but rather eXtends to all 
equivalent structures, acts, and materials, such as are Within 
the scope of the appended claims. 
What is claimed is: 
1. A method comprising: 
placing a ?rst call to a designated number to retrieve a 

voice message from a computer over a packet sWitched 

netWork; 
retrieving said voice message from said computer; 
entering a speci?c code to prompt said computer to call an 

originator of said retrieved voice message; 
placing a second call, via a said computer, to said origi 

nator of the retrieved voice message; 
changing call information contained in a packet carrying 

voice information of said ?rst call to correspond With 
call information of said second call When the packet is 
sent from the ?rst call to the second call; and 

changing call information contained in a packet carrying 
voice information of the second call to correspond to 
call information of the ?rst call When the packet is sent 
from the second call to the ?rst call. 

2. The method of claim 1, further comprising: 
converting said ?rst call to use an internet Protocol at said 

computer. 
3. The method of claim 2, Wherein said converting com 

prises changing pulse code modulation continuous speech 
data to encoded audio packets. 

4. The method of claim 1, Wherein a real-time transport 
protocol is used to send the packet over the packet sWitched 
netWork. 

5. The method of claim 1, Wherein the call information 
comprises: 

a destination address; and 
a synchroniZation source identi?er. 
6. The method of claim 5, Wherein the destination address 

of a packet containing audio data is changed in an Internet 
Protocol header ?rst. 

7. The method of claim 5 Wherein, the synchroniZation 
source identi?er is changed in a real-time transfer protocol 
header. 

8. The method of claim 1, further comprising placing said 
?rst call in a hold status When said second call is made via 
the computer. 

9. The method of claim 1, Wherein said speci?c code to 
prompt the computer includes dual tone multi-frequency 
signals. 

10. A computer, comprising: 
a receiving portion to receive a ?rst call, via a netWork, 

from a user to retrieve a voice message stored on the 

computer; 
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a voice message storage portion con?gured to store and 
transmit the voice message; 

a playback portion to play the voice message stored for 
said user; 

a listening portion to listen for a speci?c code entered by 
said user; 

a holding portion to place said ?rst call in a hold status in 
response to speci?c code entered by the user to initiate 
a second call from the computer to an organiZer of said 
voice message; 

a sWitching portion to bridge the ?rst call and second call, 
the sWitching portion being con?gured to change call 
information contained in a packet carrying voice infor 
mation of the ?rst call to the second call; and 

a releasing portion to release the bridge betWeen the ?rst 
call and the second call When a release signal is selected 
by the user to terminate the second call. 

11. The computer of claim 10, Wherein said sWitching 
portion is further con?gured to change call information 
contained in packet carrying voice information of the second 
call to correspond With the call information of the ?rst call 
When the packet is sent from the second call to a ?rst call. 

12. The computer of claim 10, Wherein said releasing 
portion releases the bridge betWeen the ?rst call and the 
second call When a dual tone multi-frequency signal entered 
to terminate the second call is detected at said listening 
portion. 

13. The computer of claim 10, Wherein a real-time trans 
port protocol is used to send the packet over a packet 
sWitched netWork. 

14. The computer of claim 10, wherein the call informa 
tion comprises: 

a destination address, and 

a synchroniZation source identi?er. 
15. The computer of claim 14, Wherein the destination 

address of the packet is changed in an Internet Protocol 
header ?eld. 

16. The computer of claim 14, Wherein the synchroniZa 
tion source identi?er of the packet is modi?ed in a real-time 
transfer protocol header. 

17. The computer of claim 10, Wherein said speci?c code 
includes dual tone multi-frequency signals. 

18. A computer-readable medium encoded With a 
program, said program comprising: 
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6 
placing a ?rst call to a designated number to retrieve a 

voice message from a server over a packet sWitched 

netWork; 
retrieving said voice message from said server; 
entering a speci?c code to prompt said server to call an 

organiZer of said retrieved voice message; 
placing a second call, via said server, to said originator of 

the retrieved voice message, and 
changing call information of a packet carrying voice 

information of said ?rst call correspond With call 
information of said second call When the packet is sent 
from the ?rst call to the second call; 

Wherein said program further cause said server to change 
call information of a packet carrying voice information 
of the second call to correspond to call information of 
the ?rst call When the packet is sent from the second 
call to the ?rst call. 

19. The computer-readable medium of claim 18, Wherein 
said program further comprising: 

converting said ?rst call to use an Internet Protocol at said 
computer. 

20. The computer-readable medium of claim 19, Wherein 
the converting includes changing pulse code modulation 
continuous speech data to encoded audio packets. 

21. The computer-readable medium of claim 18, Wherein 
a real-time transport protocol is used to send the packet over 
the packet sWitched netWork. 

22. The computer-readable medium of claim 18, Wherein 
the call information comprises: 

a destination address; and 
a source synchroniZation identi?er. 
23. The computer-readable medium of claim 22, Wherein 

the destination address of the packet is changed in an 
Internet Protocol header ?rst. 

24. The computer-readable medium of claim 22, Wherein 
the synchroniZation source identi?er is changed in a real 
time transfer protocol header. 

25. The computer-readable medium of claim 18, Wherein 
said program further comprising placing said ?rst call in a 
hold status When said second call is made via said server. 

26. The computer-readable medium of claim 18, Wherein 
said speci?c code to prompt the computer includes dual 
tome multi-frequency signals. 

* * * * * 
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